This paper proposes a performance assessment scheme for service differentiation provisioning with non real-time traffic and real-time traffic for IEEE 802.11e EDCF. The transmission time for medium access control (MAC) layer is slotted and each time slot is defined as a Scheduled Duration, which includes two periods with Dedicated Period and Shared Period. The transmission medium is reserved only for real-time traffic in the Dedicated Period, and the transmission medium is shared by real-time traffic and non real-time traffic in the Shared Period. The analytical model is developed based on queueing theory to derive the state probabilities of real-time queue and non real-time queue and their transition probabilities, and the mean waiting time and loss probability of those two queues can be obtained, accordingly. The lengths of Dedicated Period and Shared Period will be dynamically adjusted based on traffic load to support QoS requirements. It is expected that our scheme not only provide the QoS of real-time traffic but also not sacrifice the non real-time traffic.
Introduction
Wireless data communication networks play more and more important roles recently. IEEE establishes 802.11 Working Group to establish the standard of system architecture and technology for Wireless LANs (WLANs) [1] . Under this standard, physical layer has three kinds of radio frequencies (RFs) to transmit frames, such as Frequency Hopping spread-spectrum, Direct Sequence spread-spectrum and High-rate Direct Sequence. The bandwidth of IEEE 802.11 can reach to 2Mbps by first two radio frequencies and the bandwidth of IEEE 802.11b [2] can reach to 11Mbps by High-rate Direct Sequence. IEEE 802.11a [3] introduces a new technology of radio frequency in physical layer, Orthogonal Frequency Division Multiplexing, which the bandwidth can reach to 54Mbps. Multimedia transmission brings about the need for increasing bandwidth in IEEE 802.11 Wireless LANs to meet the requirements of QoS. Unfortunately, in legacy IEEE 802.11
Distributed Coordination Function (DCF) does not provide QoS and no priority scheme is supported. Then, the IEEE 802.11e Enhanced Distributed Coordination Function (EDCF) [4, 5] with different priority queues is proposed to support the QoS requirements.
1-1. IEEE 802.11 DCF vs. IEEE 802.11e Enhanced DCF
There is only one queue to transmit in MAC layer under legacy IEEE 802.11. The timing diagram of DCF based on Carrier Sense Multiple Access with Collision Avoidance (CSMA/CA) and binary exponential backoff is to contend transmission medium. All traffics will contend the transmission medium with the same priority. If the medium is sensed as being idle for a Distributed Inter-Frame Space (DIFS), the mobile station selects a random backoff counter to start the backoff process. The backoff counter will grow as a binary exponential fashion when mobile station fails to contend for transmission medium. As long as the transmission medium is idle, the backoff counter will be decreased until it reaches zero. The backoff counter is based on the size of contention window (CW), which is determined as a random integer drawn from a uniform distribution over the 0 . Moreover, when the destination station receives the frames successfully, it will send an ACK to source station after a Shortest Inter-Frame Space (SIFS) which ensures the current transmission with the highest priority.
In the legacy IEEE 802.11 DCF, all traffics with equal priority contend the transmission medium in a distributed manner without supporting the concept of differentiating QoS requirements. [7] with minimum value is the same as DIFS in IEEE 802.11. Furthermore, the eight different priorities in each mobile station are mapped to four queues as access categories (ACs) in draft 6.0 [5] .
1-2. Related Work
Many papers [6] [7] [8] [9] aimed at how to provide different QoS levels with different IFSs and backoff functions in IEEE 802.11 WLANs, which is basically station-base scheme. Aad and Castelluccia [7] presented three service differentiation schemes for IEEE 802.11, which including Different backoff increase function, Different DIFS and Different maximum frame length. Different priority mobile station has its own length of DIFS and the size of CW to contend for transmission medium. Deng and Chang [8] proposed a modified CSMA/CA protocol to support station priorities.
Kim et al. [9] proposed a MAC scheme employing DCF/SC and DCF as two fundamental coordination functions operating with period restriction for the QoS guaranteed service (premium, assured, and best-effort). The Super-Period, which was the legacy CFP Repetition Interval, has two Periods: Period I and Period II. In During Period I, only premium service can get transmission medium with DCF/SC which having less contention window size and the IFS equals to PIFS. In During Period II, the premium service and assured services are governed by DCF/SC and the best-effort service is operating with DCF.
The following studies are under IEEE 802.11e architecture to support QoS guarantees. Choi et al. [10] proposed an EDCF Transmission Opportunity (TXOP) Bursting scheme to reduce network overhead and increase bandwidth fairness. During the EDCF TXOP, Enhanced Station (ESTA) may transmit multiple frames from the same queue. Romdhani et al. [11] proposed a dynamic procedure to change the contention window value after each successful transmission or collision. After each successful transmission, the CW reset procedure is replaced by after each collision, respectively. The merit of this dynamic procedure is that the medium utilization ratio is increased and the collision rate is reduced.
Garg et al. [12] proposed a scheduling algorithm that uses weighted average queue length per station. The scheduler allocates the maximum available TXOP within the Contention Free Period (CFP) to the station. The results showed that Hybrid Coordination function (HCF) reduces channel contention and have better channel utilization. Sunghyun et al. [13] evaluated the contention-based channel access mechanism, in comparison with the legacy IEEE 802.11 MAC layer. Through their simulation, the results show that EDCF can provide differentiated channel access for different traffic types. Yang [14] proposed an analytical model to evaluate the EDCF priority scheme in terms of saturation throughput and saturation delay. Through their study, differentiating the initial CW size will have better saturation throughput and saturation delay than differentiating the inter-frame space.
Seyong et al. [15] summarized the correlations in end-to-end traffic management between DiffServ and 802.11e. The above research of both the IEEE 802.11 DCFs and IEEE 802.11e discussed to support QoS guarantees, but the overwhelming majority all only aimed at to provide the QoS guarantees of high priority traffics, and neglected the deliver of low priority traffics when different priority traffics are considered.
1-3. Bandwidth Allocation Scheme
In this paper, data traffics are classified into real-time traffic and non real-time traffic. Two queues in MAC layer buffer the frames from upper layer. Typically, real-time traffic is delay-sensitive, but is tolerant of some frames loss, on the other hand, non real-time traffic is delay-tolerable, but requires loss-free transmission. The transmission time is slotted and each time slot is defined as a Scheduled Duration, which includes two periods with Dedicated Period and 
Analytical Model
The analytic model based on queuing theory is developed to approximate the system behavior.
This section describes the system assumptions and operations, and derives the system parameters in terms of mean waiting time and loss probability. 
2-1. The Model
is defined as the number of packets in real-time queue and non real-time queue when time is at the end of the t th Scheduled Duration. The transition probability from
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Pr ) be the probability that real-time packet (non real-time packet) can get transmission medium for transmission, respectively. Also, let λ , can be derived as follows.
The following is to derive the arrival of real-time packets and non real-time packets. Recall system assumption (C), the arrival of packet per subslot is modeled by Bernoulli process, and the arrival probabilities of real-time packet and non real-time packet are RT λ and NRT λ , respectively.
Then, the probability of real-time traffic and non real-time traffic arrival are modeled by Binomial process for each Scheduled Duration, and can be derived as follows.
Real-time queue:
( ) Pr is the probability of arrival n non real-time packets.
From (5) and (6), the loss probabilities of real-time and non real-time packets can be obtained as 
respectively. The explanation of (7) is as follows. The loss probability,
real Loss
Pr , is the sum of loss probability of real-time packets,
, given that the i real-time packets arrival,
Pr . The explanation of (8) is the same with (7).
The effective arrival probability, at the end of each Scheduled Duration. Two phases are considered in deriving the transition probability, which are Departure Phase and Arrival Phase. The Departure Phase is to consider the transition probability for the number of packets departure at the end of Scheduled Duration, which is called temporary state. Then, the Arrival Phase is to consider the transition probability for the number of packets arrival during the Scheduled Duration. First, consider the Departure Phase, two periods of Dedicated Period and Shared Period are considered in Departure Phase. The probability of packets departure is given in (4). First, the transition state from current state to the state at the end of Dedicated Period is shown in Figure 4 (a) Second, the transition state from state at the end of Dedicated Period to temporary state at the end of Shared Period is shown in Figure 4 (b) and the derivations of transition probabilities are shown as a be the probability of arrival a real-time packets and b non real-time packets.
By using (5) and (6), the probability of packets arrival can be obtained as By using table 2 and (12), the overall transition probability from the state ( ) The explanation of (13) The explanation of (14) is as follows. The state probability, mn S , is the sum of the product of the state probability at the end of t th Scheduled Duration, By using (5), (6), (17), (18), (23) and (24) Pr . The explanation of (26) is the same with (25).
The Little's Formula [16] can be used to obtain the mean packet waiting time for real-time queue and non real-time queue. The size of queue is limited with finite probability that some of the arriving packets will be lost. The mean throughput will be used in Little's Formula rather than the mean arrival probability [17] . By using (17), (18), (23) 
Numerical Results
In this section, we present the numerical results of the proposed analytical model and verify the accuracy of the analysis. First, we discuss the model that we used to find the numerical solution. Second, we carried out an event-driven simulation to verify the proposed model. For the numerical examples, we assumed that 10 First of all, Figure 5 shows the network performance with different traffic ratios ( 
Conclusion
This paper proposed a discrete time mathematical model for IEEE 802.11e Wireless LAN MAC layer supporting two classes of traffic with finite queue size, and validated this model's accuracy by simulation. With this model, the network performance (i.e. real-time traffic loss probability, non real-time traffic loss probability, real-time traffic waiting time and non real-time traffic waiting time) based on different length of Dedicated Period and Shared Period with different RT r and NRT r can be effectively analyzed. According the performance results in Section 3, we observed the following:
The lengths of Dedicated Period ( When the RT r is low and the NRT r is high, the mean waiting time and loss probability of non L . The more complicated mathematical model with traffic loss probability due to collision can be extended to four types of traffic with different processes of arriving packets for the future work. The partition of s subslots can be a tunable parameter and how to adjust during the operation of the system is an interesting issue. 
